This paper introduces the concept of structural subband decomposition of sequences, a generalization of the polyphase decomposition of sequences, and outlines a number of applications of this concept, such as efficient FIR filter design and implementation, adaptive filteiring, and fast computation of discrete transforms.
STRUCTURAL SUBBAND DECOMPOSITION
Any finite-or infinite-length sequence {x[n]} with a z-transform X(z) can be written as
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The right-hand side: expression of Eq. (1) is called the polyphase decomposition of the transform X(z) with the functions xk(z) being the poly-phase components of X(z) [ Depending on the application, the matrix T can have various forms. Some novel applications of structural decomposition are outlined next. product. F&m E< (7) it can be seen that M must be a power-of-two, i.e., M = 2L.
EFFICIENT FIR FILTER DESIGN AND
IMPLEMENTATION
-q
For an M-branch decomposition, note also that the subfilter Io@) has a lowpass magnitude response given by sin(MW)/sin(o/2), whereas, the subfilter ll(z) has a highpass magnitude response contributes to the overall response essentially within a "subband" associated with the corresponding interpolator. For some narrow-band FIR filters, it is possible to drop from the subband decomposition structure branches that do not contribute significantly to the overall frequency response, thus resulting in a computationally efficient realization.
The structural subband decomposition of an FIR transfer function H(z) also simplifies considerably the filter design process. To this end, two different design approaches have been advanced recently. In one approach, each branch is designed one-at-a-time using either a least-squares minimization method or a minimax optimization method [23. In the second approach, each subfilter is designed using a frequency-sampling method [3] . The structural subband decomposition-based structure can be computationally more efficient than the conventional polyphase decompositionbased structure in realizing decimators and interpolators that employ linear-phase Nyquist filters. To this end, it is necessary to use transform matrices that transfer the filter-coefficient symmetry to the sub-filters. .
SUBBAND ADAPTIVE FILTERING
The structural subband implementation of FIR filters can be applied to adaptive filtering, resulting in a structure which unifies the direct form and the transform-domain implementations of the least mean squares (LMS) algorithm [4, 51. The adaptive subband structure is illustrated in Figure 2 below. Note that the structure used in the transform-domain LMS algorithm is obtained from Figure 2 for M = N, i.e. P = 1, in which case each of the subfilters consists of a single coefficient 161.
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Figure 2
In this structure, the input signal is first processed by a fixed orthogonal transform T of length M, and the resulting transformed signals are then filtered by sparse adaptive subfilters Gi(zM). The choice of a transform T with good frequency selection decreases the correlation among the transformed signals, which can be used to obtain a significant improvement in the convergence speed of the LMS algorithm for colored input signals. To this end, the discrete Fourier transform (DFT) or the discrete cosine transform @cr) has been found to be useful [4] . Also, the subband structure has the flexibility of allowing that subbands not contributing greatly to the overall frequency response be removed, reducing the number of operations needed for the filter implementation, such as in adaptive line enhancer (ALE) applications. Other adaptive methods, such as the recursive least squares (FU.,S) algorithm, can also be used to update the coefficients of the subfilters. In the case of a subbarid decomposition using a "good" transform, the subband signals are approximately orthogonal; so, each of the sparse filters Gi(zM) can be independently adapted in parallel by the RLS algorithm, resulting in a reduction in the computational complexity, and speeding up of the convergence.
The adaptive FIR fiter structure based on the structural subband decomposition has also been shown to be considerablly more fault-tolerant than the conventional direct form FIR adaptive filter structure [7] .
EFFICIENT DISCRETE TRANSFORM COMPUTATION
Fast algorithms for calculating the discrete transform coefficients which makes use of frequency separation property of the structural s u b band decomposition have been developed [8] - [lo] . For example, the N-point DFI' X(k) of a sequence x(n) of length N is simply given by X k I = X(z>l = e j 2~/ N 0 k N-1. 
The computation of the N-point DFI' using Eq.
(15) requiring the computation of two (N/2)-point DFTs has been referred to as the sirbband DFT [8] . The above process can be continued to decompose the sub-sequences xo[n] and xl [n] provided N/2 is an even integer. The process terminates when the final sub-sequences are of length-2.
By exploiting the spectral contents of the subsequences, an efficient DFI' algorithm can be 
0,
otherwise.
The subband DCT computation has been shown to result in less visible border artifacts when applied to very low bit ratre image compression than that resulting from the direct DCT computation used in the P E G standard [ 1 1,121. Another interesting application of the structural subband decomposition is in the development of a fast dual-tone multi-frequency (DTMF) tone detection scheme using the subband nonuniform DFI' computation [ 131.
